Abstract-A large amount of research is currently focusing on the issue of the adaptive control of the quality-of-service (QoS) provided to multimedia applications in heterogeneous wireless systems. In this paper, the authors aim at contributing to this issue by proposing a mechanism that exploits user profiling techniques and suitable QoS mapping functions to introduce the soft QoS idea into a wireless multimedia scenario. The research objective is a QoS control architecture, which enables the continuous convergence between the actual user preferences and expectations and the resource constraints of the underlying wireless system. The proposed architecture operates between the system and the application layer. This allows it to achieve the intended results, by means of an effective dynamic reconfiguration of the applications and the contemporary renegotiation of the wireless resources.
I. INTRODUCTION

H
ETEROGENEITY is, undoubtedly, the attribute which best depicts the modern telecommunications scenario. Highly heterogeneous are the applications currently made available within the novel telecommunications platforms, ranging from traditional telephony to highly sophisticated broadband multimedia applications; heterogeneous are the platforms themselves, as they are commonly made up of terrestrial (both fixed and mobile) and satellite segments; highly differentiated are the access modality that a user terminal exploits within the same platform to access a service (spanning from low-bit rate wired modality to broadband wireless); heterogeneous terminals can be used with different constraints on the type of data and the bit rate they can handle. In such a kind of new generation telecommunications scenarios, the effective transport and control of multimedia broadband services arouses a great interest within the research community. Definitely, the attention on the cited issue is destined to grow, fueled by the fast deployment of new generations of wireless communication systems, the wide diffusion of the Internet and the contemporary growing need for the personalization of the services offered to the customers. The quality-of-service (QoS) control of multimedia traffic is therefore a very tough task the wireless system has to accomplish, this opening new horizons to the research. The most interesting aspect is surely represented by the consideration that in new generation scenarios the assumption that a given level of QoS can be provided and maintained always, by respecting some hard constraints, is seriously flawed by most of the feature we have highlight above. We cannot even imagine of signing a given service level agreement (SLA) with a user and then being able of always matching it. The connections crosses different network domains and link segments with a likely heterogeneous nature. Therefore, the peculiarity and the intrinsic limitations of the adopted transmission technologies, physical medium, and communications protocols make the QoS level guaranteed to the user highly variable. Furthermore, in the novel wireless platforms, the necessary assumption of the user mobility makes the access segment, as well as the whole end-to-end connection path, highly variable in their characteristics on a short time basis. The static QoS management approach (whose main phases are specification, negotiation, admission control, and resource reservation [1] ) has, thus, to be substituted by a dynamic QoS management approach, which is based on the concepts of QoS monitoring and renegotiation. In other words, the highly fluctuating link conditions, jointly with the heavy resource requests deriving from multimedia users, force to think in terms of "adaptive QoS," or "soft QoS" [2] , in contraposition to the traditional "hard QoS" or "static QoS" idea. The soft QoS model aims at defining robust metrics for the QoS assessment and fixing some criteria for the declaration of a user profile in which a degree of variability in the QoS metric values is allowed. In literature, the possibility of adopting a soft QoS approach for QoS guarantee to multimedia applications is nowadays widely accepted. Still some work is required to clearly understand how the "soft" paradigm can be effectively introduced into highly exacting environments. In this paper, we will take as a reference a personal communications scenario, such as the Universal Mobile Telecommunications Systems (UMTS) [3] . It is in fact an example of environment in which the problem of the effective multimedia application transport at guaranteed QoS levels is strongly felt. Nevertheless, as it will manifest in the remaining part of the paper, the results achieved by our research have a far-reaching validity.
Besides QoS adaptability, a further emerging aspect represents the focus of our present research. In the last few years, the idea of QoS has experienced a significant transformation. It was formerly expressed in terms of performance metrics which were merely able to give qualitative or quantitative performance information on mechanisms and protocols in a 0733-8716/03$17.00 © 2003 IEEE given communications system. According to this idea of QoS, the work presented in [1] suggests an interesting classification of the so-called "technology-based" low-level QoS indexes. Three indexes categories are identified (timeliness, bandwidth, reliability) and the indexes described range from the classic delay, response time, jitter, etc. to other less known (but equally important) indexes such as transaction rate, mean time to failure, mean time to repair, etc. Today, QoS is a research topic, which also involves issues related to the quality actually perceived by the user of the novel multimedia applications in a wireless personal communications scenario. This means that the interest moves from the measurement and the optimization of the performance in terms of "objective" low-protocol level parameters (such as transmission rate, throughput, transmission delay, error rate, etc.), to the new idea that the decision involving the QoS at a system level has to be primarily related to the degree of satisfaction of the user accessing a given multimedia service.
Therefore, the idea in this paper is to express the QoS in terms of a set of parameters that represent the properties of a media and can be defined at the different system protocol layers [4] . The required QoS at each layer depends on many factors, such as the transported media (video, audio, data, etc.), the encoding format of information, and even (at the highest level) the type of application to deliver. Metrics of each layer can be expressed "in terms of" or "as a funcion of" metrics and parameters of the lowest layers.
Starting from this definition, we will exploit a dynamic QoS control mechanism which is based on algorithms and indexes defined at different system layers which interact to best trace both the optimal system performance and the user-preferences. Thus, we focus on the possibility of driving the dynamic QoS adaptation through the knowledge of both "system-level" measurements and "user-level" exigencies and preferences. This seems the only way to achieve the twofold objective of effectively exploiting the system resources and contemporarily assuring the user a QoS that totally matches her/his expectations.
The achievement of such an objective requires the proposed QoS control architecture to perform the following actions.
• Interact with the user in terms of "soft" service requirements; this meaning that the user will declare a range of variability in the received QoS he/she is disposed to allow for and the system will always try to guarantee it. • Constantly gather information on the variations in the underlying system conditions. • Automatically perform an evaluation of how the user perceives such system fluctuations in terms of variation of her/his degree of satisfaction.
• Understand how to intervene at the application level to maximize the user satisfaction, given the system constraints and the SLA agreed with the user In the authors' opinion, the best way to implement the highlighted ideas into an evolutionary wireless multimedia scenario is to define a model of a middleware functionality for QoS control. Indeed, a QoS-aware middleware functionality appears to be well suited for easily achieving the dynamic adaptation of the quality perceived by the multimedia users of a mobile radio network. The middleware layer proposed in the present paper has been thought to be deployed between the application-related and the subnetwork-related functions. It implements the monitoring of network conditions, the dynamic evaluation of user profiles, their mapping into network-level requirements, the dynamic application control, the interaction with the resource management functionality of the underlying system, and the control information exchange among the composing functional blocks.
In the authors' opinion, one of the most significant intended contribution of this research is the possibility of estimating the user preferences through a "user profiling" activity and dynamically adapt the resources devoted to her/his traffic flow (whenever required) in an automated fashion, i.e., by reducing to the minimum the interaction with the user. This is particularly important for environments, such as the multimedia radio-mobile systems, in which during cell roaming the risk of being compelled to reduce the resources devoted to a given broadband multimedia application is high and the time for performing the resource adjustment is usually very small. Consequently, the user will receive great advantages from the presence of a mechanism translating the resource reduction into an effective resource redistribution among the component mono-media flows of the multimedia application; this aiming at maximizing the user satisfaction without her/his intervention.
II. FUNCTIONAL ARCHITECTURE OF THE PROPOSED QOS MANAGEMENT MECHANISM
A. Requirement Analysis
In this section, we describe the behavior of the proposed middleware by means of data flow diagrams (DFD). It has been conceived to guarantee a high degree of portability and to show a dynamic and semiautomatic behavior. This means that the proposed mechanism supports user decisions, independently of the nature of the underlying physical network. Portability is satisfied by exploiting user-level quality indexes, which are next mapped into low-level parameters related to the physical network. Furthermore, it is provided with specific tools capable of handling possible changes in the user preferences and, at the same time, possible variations of the wireless network status.
The context diagram of the proposed QoS control and management architecture is illustrated in Fig. 1 . It clearly appears that the proposed mechanism operates between user application and network layers. Five main functional modules can be identified. They handle: 1) parameter mappings; 2) resource distribution; 3) network status verification; 4) QoS negotiation; and 5) user profile management. The modules composing our middleware architecture behave as follows. A user first interacts with the middleware whenever she/he requires the activation of a service. In this case, she/he must specify the desired quality by suitably setting some parameter values which are sent to the Mapper. The middleware needs to provide a QoS specification language. Our approach assumes that a user requirement specification tool, chosen among the many examples presented in the literature [5] , is adopted.
1) Mapper:
This module is activated by the User; it receives the high-level parameters specifying the desired QoS and transforms them into parameters relevant to the communications network which the requested service operates on. Subsequently, it activates the Resource Manager and passes it both high-level and low-level parameters which will be exploited to define a resource allocation strategy capable of satisfying the user requests.
2) Resource Manager: This module is activated by either the Mapper or the renegotiator or the Controller. Whenever activated by either the Mapper or the renegotiator, it receives: 1) the specification of the bandwidth to allocate to video, audio, and data components of a multimedia flow and 2) some high-level parameters representing the video, audio, and data transmission characteristics desired by the user. As a response, it carries out the following tasks.
• Bandwidth management; this comprises three activities, namely bandwidth allocation, deallocation and reservation. These activities are, in their turn, handled by a bandwidth allocator, a bandwidth deallocator, and a bandwidth reservator, respectively. • Transmission of high-level parameters to the network in such a way that they are received by the transmission server. Furthermore, the Resource Manager is activated by the Controller, after a fault has been detected in the network, to determine a new bandwidth distribution that overcomes the fault.
Our middleware has been designed to interact with the underlying resource allocation and management protocols of a generic wireless multimedia system. As an example, in this paper, we take as a reference for the performance study an underlying UMTS system. This means that the middleware Resource Manager functionality suitably interacts with the typical UMTS resource management protocol. More details about the way our generic middleware framework for wireless multimedia systems can be exploited jointly with the resource management functionality of the UMTS system are given in Section V.
3) Controller: This module is an always active component that handles the possible presence of network faults.
4) Monitor:
This module is an always active component which periodically extracts information describing the network status. In order to guarantee an optimal network resource usage, it reports to the renegotiator for the relevant allocation optimization.
5) Impulsive Monitor:
This module is an asynchronous component, which is activated whenever unexpected variations of the network status occur. Analogously to the Monitor, it provides the renegotiator with information about the network status.
6) Renegotiator: This module redefines the QoS by taking into account both user desires and network constraints. We have observed that it is activated by other modules whenever the bandwidth assignment relative to a given user connection needs to be modified. According to the available bandwidth, the renegotiator modifies the high-level parameters that specify QoS guaranteed to the user, by referring to the User Profile. Once the new values of the high-level parameters have been defined, the Renegotiator notifies the user about them and contemporarily sends them to the Resource Manager for the proper resource redistribution. If the user is not satisfied by the new parameters, she/he can either terminate the connection or activate the Mapper for specifying new high-level parameters.
7) User Profile Manager:
This module is an always active component which monitors the way the user accesses the available services and suitably modifies her/his profile. In other words, it dynamically records the behavior of a user while she/he accesses different types of services. This specific aspect represents one of the focuses of our research work and will be described into detail in Section III.
From the description given above, it is clear that our QoSaware middleware is strongly based on the knowledge of the user profile describing her/his behavior and preferences. It dynamically translates user preferences into underlying network parameters, in order to properly define the best QoS degree the end user can be provided with. For this reason, in Section III, we will give more information about the user profile functionality and the theories which stand behind our design choices.
III. USER PROFILE
The User Profile, which our middleware is based on, has been constructed by referring to the theory of user modeling [6] , which aims at describing the user characteristics and preferences. In order to carry out their tasks, user modeling systems generally consider the past user behavior. User modeling techniques are largely exploited to predict the future choices of a user, as well as to appropriately adapt the behavior of a system to the user needs. As an example, [7] describes a user-modeling technique capable of providing a user with objects she/he may be interested in.
In this paper, we exploit a user profile technique that is used jointly with a mechanism for handling the distribution of the available network resources. In particular, the profile we manage contains a set of coefficients representing the degree of interest of a user toward a specific component of a multimedia transmission. The information about the User Profile is exploited to determine those multimedia components appearing to be the most relevant for the user. In this way, when in the case of reduced radio resources, it is possible to decide which components is advisable to still handle with a better quality and which could be more "safely" degraded. In this way, the system resource distribution policy becomes "user adaptive," i.e., it always tries to fit the user satisfaction.
In particular, our techniques for constructing and handling the user profile are based on the assumption that, in a long period, user interests coincide with concepts stored in the information sources which she/he frequently visited in the past ( [8] , [9] ). A further, more interesting, characteristic of our approach consists in the exploitation of extensible markup language (XML) for storing and handling the User Profile. With regard to this, it is worth pointing out that, generally, according to the user modeling theory, the User Profile is handled by means of classical abstract data structures (such as lists or graphs) kept in memory or, possibly, stored in files or classical databases. Our choice to exploit XML is, therefore, innovative also in the context of user modeling and allows to obtain several advantages with respect to a more traditional approach. Indeed, XML favors data exchange (it has been conceived for this purpose) and this peculiarity is particularly important in our application since involved information sources are highly heterogeneous. A further advantage of the XML choice is represented by the great "lightness" of support data structures: although our User Profile is particularly rich, it is stored by means of a text file only. As a consequence, it is easily handled by a large variety of devices.
The User Profile , associated with a user , can be represented as a set of concepts of interest for and a set of relationships among concepts. Each concept is characterized by an identifier; an application list is associated with each concept, storing the applications exploited for accessing it in the past.
The parameters composing the user profile are: 1) access counter, denoting the number of times the concept has been accessed by the application; 2) video access counter, audio access counter, and data access counter, indicating the number of times the concept has been accessed via video, audio or only via data downloading; 3) average x-resolution and average y-resolution, representing the average horizontal and vertical resolution the user required for that application and that concept in the past; 4) average chrominance, average luminance, and average frame rate required by the user; 5) average audio channels, average audio codex, and average audio frequency, representing the average number of channels, the average number of bits necessary for encoding the audio signal, and the average sampling frequency required in a radio transmission, respectively; 6) average data rate, denoting the average data rate the user required in the past; and 7) video degradation counter, audio degradation counter, and data degradation counter, representing the number of times that for a given a concept and application, the user decided to degrade the video quality, the audio quality, and the speed of data downloading, respectively.
Observe that the following situations might cause changes in the User Profile.
• Changes of user preferences. Changes of user interests, requirements, and so on, cause some variations in the User Profile coefficients. As an example, a budget limitation might lead the user to require a decrease in the desired quality, this leading to changes in the setting of some coefficient of her/his profile.
• Changes of the physical network status. Modifications of the physical network status could cause changes in the user profile coefficients. As an example, let us assume that either the interference level in a wireless network remains temporarily high for a reasonably long period of time, or a mobile user crossing the border of a radio cell enters a new cell, which is more crowded than the old one: in both circumstances the physical resources devoted to the user are reduced. In order to still keep alive the wireless connection, a user could be obliged to decrease the quality of the transmission associated to each multimedia component; this action determines the update of the User Profile coefficients.
It is worth pointing out that our system requires a large "training set" (i.e., the examination of a large number of sessions) for both producing a profile actually capable of describing the user characteristics and predicting her/his future actions with an high accuracy degree. As a consequence, the time necessary to our system for correctly operating might become unacceptably long. We have extensively studied this problem and we are now able to propose a simple and efficient solution. In order to better clarify our ideas, we recall some preliminary concepts about user modeling. In particular, it is worth pointing out that in the literature two main approaches have been proposed for both building and handling a User Profile (for more details please refer to [6] ):
• Collaborative Approach. This approach is based on the assumption that people who belongs to the same "group " (e.g., people of the same age or sex, living in the same town, and belonging to the same social class) behave similarly and, thus, have similar profiles.
• Content-Based Approach. This approach assumes that if a user shows a particular behavior under a given set of circumstances, then this is repeated under similar circumstances. According to [10] and [11] , we have adopted an "hybridstrategy" for building and updating our User Profile; this strategy combines the two approaches described previously and acts in two phases:
• a new user is provided with a default user profile determined by means of a collaborative technique; • the default user profile is "improved" by means of contentbased techniques. The hybrid technique guarantees the immediate availability of a profile for each user; with the time flowing, the system collects a large set of information and provides a more accurate description of the user habits.
IV. RENEGOTIATION OF THE RESOURCES
The renegotiation of the wireless resources is one of the main aspect this paper focuses on. The process is triggered whenever the current resource allocation is incompatible with the network status (for example, when the total available radio channel bandwidth for a multimedia application is not available any more) and/or with user desires (the user decides to reduce the total amount of engaged channel resources to momentarily reduce her/his costs). In more detail, given the current value of the overall available bandwidth , the renegotiator aims at modifying the bandwidth distribution among the components ( for video, for audio, and for data) with the twofold objective of both making it compatible with the new network status and maximizing the user satisfaction. It also computes the corresponding values of the high-level QoS indexes and notifies them to the user who can either accept or refuse them. In this paper, the relationship between the bandwidth devoted to each component and the high-level QoS parameters for each component is assumed as follows.
For the video component the high-level parameters to consider are [12] : 1) the current video image horizontal resolution ; 2) the current video image vertical resolution ; 3) the current chrominance ; 4) the current luminance ; and 5) the current frame rate available for the user to receive video frames. By exploiting them, the low-level parameter, namely, the bandwidth the system requires for enabling the real-time vision of a video sequence without the need to compress it, can be computed as follows [12] :
In this paper, the adoption of compression and coding schemes is not assumed as their presence does not seem to be relevant for our assumptions and designed algorithms. A further step will be the introduction of coding and compression techniques for audio and video traffic, such as Moving Pictures Expert Group (MPEG). Analogously, the required bandwidth for supporting the audio component transmission, can be computed by , where is the current required channel number, is the current required audio codex, whereas is the current sampling frequency. Finally, the bandwidth for supporting the data component transmission is defined as the data rate.
The overall bandwidth required for supporting a multimedia transmission is, thus, obtained by summing the three bandwidth contributions introduced above . A small additional amount of bandwidth would be necessary for handling control information introduced for multiplexing/demultiplexing and synchronization purposes. But, for an initial stage of the study, we will neglect this small amount of extra resource. Now that the relationship bandwidth and high-level QoS parameters is described, we will describe the whole procedure which allows our middleware mechanism to best exploit the available wireless resources of the underlying network. The first step is the computation of the optimal bandwidth distribution among video, audio, and data components. In the following, we will call the optimal values of the bandwidth for video, audio, and data: , , and . Let us consider a video transmission and denote by the bandwidth necessary to receive a video with the maximum quality; this is computed as where , , , , and are the maximum possible values for the horizontal resolution, vertical resolution, chrominance, luminance, and frame rate. These values depend on the network layer characteristics, as well as on the application the user is exploiting.
We define the current video quality provided by the network as , where is the video bandwidth currently allocated by the network to the video traffic component (this is one of the variables whose value we aim at optimally choosing).
Let AC (with respect to VAC) be the access counter (with respect to video access counter) of a given application, as defined in Section III. Assume that . The video probability (VP) of the same application is defined as . We define the video degradation probability (VDP) as , where VDC (with respect to VAC) is the video degradation counter (with respect to VAC) stored in the User Profile. VDP makes sense only if since means that no video access and consequently no video degradation, has been carried out. Both VP and VDP can supply an estimation of the relevance a user gives to the video component during her/his access to any particular multimedia application. A simple index capable of synthesizing the contribution given by the video service quality (denoted, in the following, as ) to the overall multimedia application quality should increase when both and increase and should decrease when increases. As a consequence, a possible expression for our index is . An analogous reasoning holds for both the audio and the data quality-of-service and . Due to space limitations, we do not show here all details about this argument. In the most general case, a user receives video, audio, and data simultaneously. In this case, the quality-of-service of the overall multimedia application can be defined as
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To quantify the user satisfaction, we define further parameters. In particular, is the maximum value of the bandwidth requested (i.e., specified in the SLA) by the user. It is evaluated in terms of , , , , and , which are the maximum values the user specifies to desire for the horizontal resolution, vertical resolution, chrominance, luminance, and frame rate in her/his SLA. Analogously, we define (the minimum value of the bandwidth specified by the user) in terms of , , , and . For illustration purposes, in Fig. 2 In order to quantify the user satisfaction, we define and representing the maximum and the minimum overall QoS values requested by the user (the reader has to remember that the specification are given in terms of soft-QoS)
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We are now able to define the satisfaction degree of a user as
This formula shows that is a ratio; the numerator represents the distance between the actual QoS provided by the network and the minimum QoS the user might accept; the denominator denotes the distance between the maximum and the minimum QoS specified by the user. In the formula, if , then is negative, this implying that the connection must be interrupted. It is worth pointing out that if , then is not defined. However, in this particular case, there is no reason to apply our system. In fact, in this case, the renegotiation activity makes no sense since it means that the user requirements are given in terms of hard QoS constraints.
As previously pointed out, the renegotiator defines a resource distribution strategy, aiming at maximizing . Such a strategy can be seen as a linear programming problem [13] . In this way, we compute the optimal bandwidth distribution among video, audio, and data components. This is not enough. Now, we must determine the best way the high-level parameters have to be set by the multimedia wireless application in order to fit the new bandwidth constraint given by the previous bandwidth redistribution process.
We first consider the video parameters. We have
Observe that we have an equality with five unknown quantities; as a consequence, we have infinite possible solutions. We should define a criterion allowing us to assign values to the five variables, which satisfy both the above equality and the user desires. In order to carry out such a task, we should determine which transmission aspect (represented by one of the five variables) is more interesting for the user; the criterion should maximize the global interest of the user.
Note that high-level parameters in the equality above have different physical dimensions: as an example, chrominance is measured in number of bits whereas frame rate is measured in frames per second. Due to this reason, we introduce a function which maps , , , , and into adimensional parameters. The mapping function we propose, associates each highlevel parameter to a numerical value. For its formulation, we start from dividing each parameter by the average value of the same parameter stored in the user profile. As an example, for the horizontal resolution , we have Actually, in combining the five high-level parameters for occupying the bandwidth assigned to the video component, the interest the user shows for the various parameters should be taken into account in such a way that the greater the interest of the user for a parameter is, the more relevant the role of that parameter in occupying the bandwidth will be. In order to take into account user interests, we observe that the higher the interest of a user for a high-level parameter is, the higher the value she/he chooses during the connection will be. 1 As a consequence, the final formulation for the mapping function for is where is the maximum value for required by the user in the current connection, is the maximum value for provided by the network, and the application is the average value the user required for during the past connections; it is stored in her/his profile.
In an analogous way, all the other high-level parameters can be mapped into the adimensional parameters , , , and . Define now , , , , and . Consider now the five-dimension space whose coordinates are , , , , and . The problem of combining the high-level parameters for occupying the assigned video bandwidth taking into account the interest of the user can be transformed into the problem of minimizing the Euclidean distance between the point represented by a parameter value assignment and the point identified by ( ). As a consequence, we must solve an optimization problem in the new space. Such a problem is well defined because the optimization function is continuous and defined over a compact set. Therefore, according to the Weierstrass theorem, our optimization problem has at least one solution. However, since the time necessary for obtaining the solution could be excessive, we have solved it by applying the classical techniques derived from the numerical analysis (i.e., the Newton Raphson method) [14] . For this reason, the obtained solutions are, in several circumstances, approximated. In order to identify the constraints, we must recall that the "original parameters," , , , , and are subjected to some constraints. Indeed These constraints, in the new adimensional space, can be represented as where , , , , and . To these constraints it is necessary to add Finally, the objective function is
In an analogous way, both the audio and the data parameters could be optimized.
V. MAPPING THE PROPOSED QOS CONTROL ARCHITECTURE INTO A UMTS SYSTEM
In this section, we briefly describe how the proposed QoS control middleware architecture can be interfaced with a UMTS system. In fact, in a wireless multimedia scenario such as the UMTS, in which the customer access points can vary from session to session and even the network conditions change during the same communication session, the possibility of a bearer renegotiation alone provides more than sufficient motivation for the deployment of a middleware structure. The UMTS architecture has been though to permit the user/application to negotiate bearer characteristics that are most appropriate to carry its information [3] , [15] . Moreover, UMTS allows for the renegotiation of radio bearers during an active connection. This is just the kind of provision the proposed QoS control architecture requires from the underlying system to carry out a dynamic QoS adaptation. We give a brief description of the UMTS QoS architecture to enable the reader to better understand how our middleware functionality interacts with the UMTS one. More details can be found in the 3GPP documentation [15] .
The properties of the established connection are implemented in terms of bearer services. The specifications of a bearer service includes all the aspects tied to the provision of quality, such as control signalling, radio channel, and resource management, etc. Each bearer service defined at a given layer of the QoS architecture offers its services to the upper layer and exploits the services offered by the lower layer. In our approach, the end-to-end service defined at the highest layer (that is the application one) makes use of the proposed middleware to exploit the services offered by the underlying UMTS network. UMTS to establish, modify, and maintain a bearer service, with a specified value of QoS, foresees the use of functions called QoS management function, operating either on the control plane or on the user plane (Fig. 3) [15] . In an end-to-end QoS adaptation scenario, the negotiation of bearer service must take place within every network entity constituting the link between the end users.
The translation function maps the internal UMTS bearer service control primitives into the various service control protocols of the external network and vice versa. The UMTS BS manager and RAB manager coordinate the functions of the control plane for establishing, modifying and maintaining the service it is responsible for. The admission/capability control maintains the information about all the available resources of a network entity and all the resources allocated to the UMTS bearer services. Following a bearer service request or modification, it determines whether the required resources can be provided by the network entity or not and, if possible, it reserves these resources.
It clearly emerges that the UMTS architecture foresees functional blocks which are devoted to functions similar to those performed by blocks of our general QoS control middleware architecture. By recalling the general functional scheme given for our middleware, it becomes clear that the Mapper, the Resource Manager, and the Monitor, will directly interact with the UMTS translation function, the UMTS bearer service manager (or RAB bearer service manager), and the admission/capability control, respectively.
Besides the service class, a typical attribute utilized for admission control is the guaranteed bit rate (kilobit per second). In case of bearer reallocation, the QoS control functionality implemented at the middleware layer within the two user terminal must agree upon the same guaranteed bit rate, this meaning that the signaling associated with the bearer renegotiation must be carried out end-to-end. When a user activates a new service application, the first entity invoked by the UMTS Network is the UMTS translation function. This function, placed in the MT, receives from the middleware the QoS attributes of the application declared by the user and maps them onto service attributes characteristics of UMTS. The translated attributes are sent to UMTS BS manager, in the MT, to establish or modify a UMTS bearer service. Every UMTS BS manager asks to its associated admission/capability control whether the network associated can support the requested service, and whether the required services are available or not. At the same time, the UMTS BS manager, in MT, sends translated attributes to the peer entity in the CN EDGE to check if the user has got the administrative rights for using the service required. In case of success, also the UMTS BS manager, contacts its admission/capability control module to check the resources availability. The UMTS BS manager of the CN EDGE, translates the UMTS BS attributes into RAB service attributes, in the UTRAN. It also, similar to the other UMTS managers, interrogates the admission/capacity control inside the UTRAN. Each of the UMTS BS manager translates its attributes into attributes for the lower layers down to the physical layer. If at least one of these processes fails, the specific service request is refused. Otherwise, in every block of the network the resources are reserved, and a success message is sent to the users. In case of need for renegotiation, i.e., when the requested QoS bearer resources are not available in a segment of the UMTS network, the UMTS admission/capacity control interacts with the middleware functionality (through its monitoring functions). The middleware activates the Mapping and Renegotiating functions as described in previous sections and notifies, through its Resource Manager, the results to the underlying UMTS modules. Thus, the UMTS modules are enabled to perform the bearer renegotiation procedures within the UMTS system according to the indication received from the middleware (and thus adhering to the user profile). Once the allocation of the bearer with the new profile has been performed by the UMTS network, a control information is provided to the UMTS Renegotiator. This module has the task of interacting with the middleware Renegotiator to the aim of forcing the suitable modification of the application level parameter values. Through the described procedure, we are sure that always the application level parameters both maximize the user satisfaction and, at the same time, adhere to the constraints imposed by the network. If even the minimum rates requested by the application is not available in the network, the blocking or dropping of the call is triggered by the middleware.
VI. PROTOTYPE AND EXPERIMENTAL RESULTS
The behavior of our QoS-aware platform has been analyzed by developing a simulative tool that refers to the QoS architecture of a UMTS-based systems. In the simulated system, couples of users exchange multimedia traffic from Mobile Terminals (MT) roaming at different speeds within the overall simulated mobile environment. Each connection experiences a quality that is clearly related to the type of bearer service exploited. We implemented a multimedia QoS architecture, in which each bearer service of any different level follows the specifications of the UMTS standard [15] . Multimedia calls are considered as interactive calls exchanging voice, video, and data and making use of the middleware functionality to exploit the services offered by the underlying network. The underlying radio mobile systems could exploit two alternative transport solutions to guarantee "soft QoS"to the user connections. The first option is "multibearer." According to this approach, traditional voice can be delivered over a dedicated low delay data (LDD) bearer of the conversational class. All the components of a multimedia call are delivered over dedicated channels in order to give guarantees on the quality provisioning. Audio and video components are, respectively, mapped over dedicated LDD bearers of the conversational and streaming classes. The data component, when it is present, is mapped onto an unconstraint delay data (UDD) bearer of the interactive class. The channel is required at the beginning of each burst and released at the end. When present, the bursty traffic with nonreal time requirements originated from Web browsing applications can be delivered over UDD bearers of downlink shared channels (DSCH) and uplink common packet channels (CPCH).
The alternative "monobearer" transport approach can be seen as a specific instance of the multibearer paradigm. In this case, the wireless videoconference call can be delivered over a single dedicated LDD conversational bearer, whose characteristics are: a total bit rate equal to the sum of the bit rates of each component (plus a small overhead for multiplexing), a bit-error rate (BER), and a max delay bound equal to the most stringent values among those required by the components.
For the sake of simplicity, in this paper, we have considered the case in which the system supports a single bearer to transport each component flow of a multimedia application. Studies are on going, which aim at studying also the interworking of our QoS control mechanism with a UMTS system supporting the multibearer solution.
The results we show refer to a two-tier UMTS scenario [16] in which the coverage area of each macrocell (average radius 900 m) overlaps four microcells (average radius 300 m). Interlayer interference is avoided by assigning different carrier frequencies to each coverage layer. A simplified mobility profile is chosen: the user mobility within a cell is not modeled (perfect power control is assumed) and the intercell roaming is simply modeled like a four-directional equally probable movement. Fast and slow users are foreseen (discriminated by means of the dwell time estimation). For the curves shown in this paper, the intentional velocities are assumed to be 30 and 60 Km/h for slow and fast users, respectively, and the dwell times within each cell are exponentially distributed with mean equal to the ratio of cell radius over intentional velocity. The multimedia call duration is assumed to be exponentially distributed with an average duration of 15 min. The study on the particular resource allocation policy to both new originating and handoff calls is not the focus of this paper, as we are proposing a middleware functionality which is completely independent from the protocols and algorithms implemented within the underlying multimedia wireless/mobile platform. Thus,we choose for our test campaign a system in which a simple new/handoff call management algorithm is implemented. According to this algorithm the layer chosen for the allocation of the multimedia connection is always the one that can guarantee the best level of QoS. Different algorithms taking into account also the velocity of the mobile terminal could be conceived to enhance the overall UMTS system performance but this is not the focus of this paper.
We have carried out a large variety of experiments by taking into consideration various user behaviors and QoS expectations. In order to illustrate the way our approach operates, in the remaining part of the section, we report the output of some evaluation campaigns we have conducted. In particular, the shown results refer to the case in which the traffic distribution consists of 50% of video-conference connections (with average duration of 15 min), 25% of telephone calls (with average duration of 3 min), and 25% of Web-browsing activities. The application we are considering is characterized by the following coefficients:
, , , kb/s, kb/s, and kb/s. These parameter values identify a typical user interested to all aspects of multimedia communication. Our sample user shows a particular interest for video transmission, whereas her/his interest to both the audio component and the data transmission is weaker. Finally, we assume that the user we consider requires kb/s, kb/s, kb/s, kb/s, kb/s, and kb/s. The total bandwidth made available by the network layer is a time variant quantity as shown in Fig. 4 . In particular, it reports the bandwidth the UMTS network allocates to our sample user at different instants of time. Fig. 5 reports the temporal variation of the degree of satisfaction . Observe that, ideally, should be equal to one, i.e., the user should be provided with all requested resources. Actually, the diagram of Fig. 5 shows that might have many fluctuations, depending on the changes of the network status. A test campaign is required to observe the average achievable degree of user satisfaction, under different traffic loading conditions. This will provide us with interesting indications on the actual effectiveness of our middleware. In particular, we say that the user satisfaction degree is high if , medium if , and low when . We then evaluate the average percentage of connection time during which the value associated with the user in the system is high, medium, or low. The test campaign has been carried out under different traffic load conditions (i.e., low, medium, and high congestion conditions corresponding to 1 calls/s, 5 calls/s, and 10 calls/s, respectively).
In the first row of Table I , we reported the results for low traffic load; in this case is "high" for all the connection time. The second row of Table I reports the values of when we suppose medium traffic load conditions. In this case, we can observe that is high for 80% of the connection time. Besides, is "medium" for the 4% of the time, whereas is "low" for the remaining percentage of time. The most interesting case is represented in the third row of Table I , where we have considered a very crowded network. From this table, it is possible to observe that the percentage of connection time in which is high is equal to 76, whereas the the percentage of connection time in which is low and is equal to 24. We can observe that our system shows a high reaction capability to the case of congested network. The particularly high percentage of time the QoS remains at a highly acceptable level, even under high-traffic loading condition, is a fact. Our system always guarantees the possibility of privileging, during the resource reassignment, that multimedia component being more relevant for the user, as derived from her/his profile.
VII. CONCLUSION
In this paper, we proposed a dynamic QoS adaptation mechanism for wireless multimedia systems that takes into account both the underlying system conditions and the user exigencies and preferences. The proposed mechanism differs from analogous systems as it dynamically estimates the user preferences, through a "user profiling" activity and uses the estimated profile to adapt the resources devoted to the traffic flow. The achievement of interesting results in terms of user satisfaction in an UMTS test environment have been shown. This testifies to the validity of the choice of driving the adaptation of the wireless resources by means of the estimation of the user profile.
